Introduction
Basically, an antenna is a device used to transmit or receive the electromagnetic waves [1] . The Directivity or Gain of an isotropic antenna is equal in all directions as shown in fig.1 . Generally such antennas are used for broadcasting (transmitter) applications. But for many applications the maximum gain (lobes) is desired in particular direction and attenuation (nulls) is desired in other direction.
Phased array antennas are used to fulfil this requirement. Array of antennas is used to produce maximum Gain/Directivity at particular direction and minimum Gain/Directivity in rest of the directions in fig.2 . By controlling (i) excitation of array elements (ii) phase difference of excitation between the adjacent array elements (iii) separation distance between the elements, desired radiation pattern can be achieved. The antenna"s radiation pattern describes areas of Gain (lobes) or Attenuation (nulls) for the signals [2] .
In some applications, receiver should know the direction of arrival of the signal from the transmitter and accordingly the receiver should be able to steer the beam and acquire maximum signal in specified direction. This adjustment of radiation pattern towards transmitter is called as "Beamforming". Changing distance between the antenna elements is not practical solution. Hence either by changing the amplitude of excitation or by changing the phase of excitation steering of beam is achieved in fig.3 . To achieve the maximum gain/directivity, phased array antenna elements are connected to the digital signal processor to steer the beam automatically [2] . The process of getting the required maximum directivity in desired direction by using digital signal processing techniques is called as "digital beamforming". The process of determining the complex weights and controlling output to get the specified direction is called as "adaptive digital beam forming". To determine the complex weights, many adaptive filter techniques are used, which forms the major part of adaptive digital beamforming technology [3] .
One of the basic and most important filtering techniques is LMS (least mean square) algorithm. This is used because of its simplicity, small calculations and higher stability [4] .
The main problem of adaptive technique is to find the complex weights. There are several ways to produce this weights and inturn produce optimized radiation pattern with minimum side lobes [],[]. This technique reduces beamwidth and improves directivity.
Simple LMS algorithm is modified to optimize the array pattern. This is achieved by changing the gradient or by changing the step-size [4] [5] [6] [7] [8] . Variable step-size is also utilized which improves the convergence rate in turn improves the directivity. In mobile communication, receiver should able to receive multiple user signals, therefore instead of using constant step-size multiple step size are used [5] . Another way is to use concept of subarray to increase the computational efficiency [9] . In this paper, Adaptive digital beam forming is achieved by using LMS algorithm with variable stepsize. A step-size controls the convergence rate and also determines the mean square error. Convergence rate is inversely proportional to step-size, large step-size leads to fast convergence but results in increase in error. The proposed work, first starts by using LMS algorithm with fixedstep-size. The minimum error is calculated and corresponding weights are selected for next LMS algorithm. Now, by initially fixing these weights, step-size is varied from 0 to 1, for each step-size value, min error is calculated and corresponding weights are taken for next cycle. Finally radiation pattern is plotted for optimized weights and observed weather the directivity is high in the desired direction.
II. Digital Beam Forming
Beam forming is defined as the combination of radio signals from a set of non-directional antennas to simulate one antenna with directional properties. Here, both amplitude and phase of each antenna element are controlled [10] . One of the advantage of this type of control is, it can adjust side lobe levels and steer nulls when compared to phase control alone.
The complex weights are defined as the combination of relative amplitude and phase shift for each antenna and is represented by complex constant (for antenna element).In digital beam forming, the operations of phase shifting and amplitude scaling for each antenna element and summation for receiving are done digitally. The receiver beam former model is as shown in fig 4.
To make the input signal digital, A/D converters are used. As input signals are radio waves whose frequencies are too high to digitize. Therefore this radio signals are passed through "RF translator" to shift the frequency from higher frequencies to lower frequencies. After that the signal is digitized. Once the signal is digitized they are passed to "digital down converters", produces a "quadrature" base band output at a low sample rate as shown in fig.5 . [4] , which is an iterative method based on minimizing the mean square error [11] . This algorithm is derived from the wiener filter. LMS algorithm is based on gradient descent method, which makes consecutive corrections to the weight vector in the direction of negative gradient vector which finally leads to the minimum mean square error.
III. LMS ALGORITHM Least mean square (LMS) algorithm was introduced by B.Widrow and Hoff in 1960
In figure, the output of individual sensors are first multiplied with corresponding weights and then they are combined so that antenna arrays radiation pattern is optimized to have maximum gain in the direction of desired signal and nulls in the direction of interference. The weights are computed by LMS algorithm. Consider a uniform linear array with N-isotropic elements. Let the output of antenna array be x(t) is given by 
IV. Experimental Analysis
In this paper, the adaptive digital beam forming algorithm was developed by means of simulation software called "Matlab". The simulation is performed with a linear array antenna and the number of element taken are 4, d = , k = are fixed. The LMS algorithm contains three steps in each recursion:
1. Computation of the processed signal with the current set of weights.
2. Generation of the error between the processed signal and the desired signal. 3. Adjustment of the weights with the new error information by the gradient method. The input at each element of array antenna consists of sum ofinput signal which is taken as complex MSK signal in some desired direction , introduced two interrupts in the direction and introduced random noise signal n. the above signals are shown in fig 7. The proposed work is divided in following steps 1. Initially simple LMS algorithm by keeping initial weights zeroes and with fixed step-size. Minimum error is calculated and the corresponding weights are fixed and are used as initial weights in case 2 and case 3. 2. In second step, LMS algorithm is developed by setting initial weights derived from case 1 and step-size is varied in proper steps. Here sample by sample optimization is done to get the desired signal. 3. Finally, Performed LMS algorithm for entire samples to get the direction of the desired signal by varying step-size and by setting initial weights. The following are the observations By knowing the minimum error from entire error graph, one can fix the weights where minimum erro R is produced because error minimum means the output of the beam former is equals to the desired signal. Therefore we have selected the weights corresponding to the minimum error. The above graphs shows that maximum lobe is observed in the desired direction which is given as an input, also minimum lobe or nulls are observed in noise directions. The LMS algorithm fixes the weights such that maximum directivity is achieved in given input direction.
IV. Conclusion
All the results have been achieved by using MATLAB 2012 software. Radiation patterns have been theoretically calculated and compared with practical results. The following conclusions have been made depending upon the result obtained.
1. The paper has proposed simple but yet so effective adaptive digital beam forming algorithm called LMS algorithm. 2. Instead of using basic LMS algorithm, some modifications have been done. LMS algorithm is used in three stages. First to find the minimum error at fixed step-size and found the weights. Secondly varied the step-size executed the algorithm for sample by sample beam former output and lastly by varying the step-size for entire sample calculated the minimum error and respective weights are produced. The final weights are used to draw the radiation pattern. 3. From the radiation pattern, observed that whether the direction of desired signal is achieved. 4. The direction of the desired signal slightly differs due to the presence of noise but maximum signal can be retrieved. 5. Hence by applying nested LMS algorithm performance can beincrease.
